Introduction
The adaptive inverse filtering proposed by Widrow (a) "Ringing" arises from the excessive amplification of the input by C(z) (=H(z)) at certain frequencies corresponding to nonminimum phase zeros of G(z), and (b) The sound information pieces whose frequencies are eliminated by C(z) are unrecoverable.
The first problem can be avoided by adding a pseudo random noise to the input of the adaptive inverse filter H(z).
However, the noise level should be set carefully to avoid degradation of the inverse filtering accuracy. Increasing the number of delay samples m is also effective, however, the problem caused by the nonminimum phase zeros very close to the unit circle on the z-plane does not seem to sufficiently be solved.
As to the second problem, a typical case may be seen when using a music signal for the input i(k), where a component covering a certain frequency range is first supplied for a while, and next, another component covering another frequency range, and so on. In this case, the frequency response of the adaptive inverse filter H(z) sometimes becomes zero for the second frequency range during the first period due to , for example, thermal noise and/or background noise mixed in the input of the filter. If this H(z) is set to the controller C(z) before the second period begins, the second component will not be supplied any more.
This short report proposes a few possible modifications to the conventional method in order to solve these problems.
Proposed modifications
The proposed modifications are shown in Fig . 2 . Here, a band elimination filter (BEF) is added for attenuating the input signal components that will be excessively amplified by the controller C(z), a duplicate of the adaptive inverse filter H(z).
Two bypass circuits featured by the delay units of z-m are also added for the abovementioned second problem.
Below, the functions of these newly introduced devices will precisely be explained by referring the time points in Fig. 3 which shows the changes in the power ratio of the estimation error e(k) to the reference d(k) in a computer simulation.
The parameters used for this simulation are also given in Table 1 .
The frequency range of an input random noise i(k) is restricted up to 12kHz until time point B. During this period, the adaptive inverse filter H(z) is iteratively calculated2) and a converged transfer function is set to the controller C(z) at time point A. Looking at the frequency characteristics of C(z) (=H(z)) shown in Fig. 4 , the excessive amplification at around 0,6 and 11 kHz, and the attenuation of the frequency range above 12kHz can be clarified.
At time point A, the BEF is simultaneously designed to cancel out such excessive amplification at the controller C(z) by using the power spectral information of the estimation error e(k) to the reference d(k), namely (f: frequency). This idea comes from the observation that the attenuation of the estimation error is very low at those undesirable frequencies corresponding to nonminimum phase zeros in comparison with that at other frequencies when a sufficient number of taps is given to the controller C(z).3) Three peaks at around 0,6 and 11kHz shown in Fig. 5 , therefore, are considered such undesirable frequencies in our method. The ridge above 12kHz is apparently caused by the frequency range limitation on the input i(k) . However, this frequency range is also considered undesired by the above-mentioned idea concerning
The magnitude-frequency response of the REF is first calculated to be zeros at these frequencies, 0, 6, 11 and 12 kHz, and ones (=1) at other frequencies. Then, this frequency response is converted to an impulse response of a given length by using the Inverse Fast Fourier Transform and a Kaiser window4) so that the BEF becomes a linear-phase FIR filter .5)
The BEF attenuates the input i(k) at those undesired become so large after processing by the controller C(z), and, as a result, the "ringing" can be avoided. Figure  6 shows the consequent frequency characteristics of the pseudo random noise n(k); H(z) converges to zero above 12kHz, since n(k) is added to the input of H(z) but both the reference d(k) and the output of the second bypass circuit are zeros, and below 12kHz, H(z) is calculated so as to make the summation of the output signals of the second bypass circuit and H(k) a good replica of d(k). The conventional method shown in Fig. 1 , however, does not have this kind of tracking ability. Figure 7 shows the frequency characteristics of the equalized plant output just after the 
